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1. INTRODUCTION 

The facilities provided as part of the develop- 
ment currently taking place at the BBC's Television 
Centre in West London will include a large multi- 
purpose television studio (Studio 9), with overall floor 
dimensions of about 31 metres by 26 metres, and 
having permanent audience seating. A particular 
feature is a "fly tower" about 24 metres high 
extending over the whole stage area of the studio, so 
that scenery changes can be made during the course of 
a production to give artistic continuity. 

The building design which was under con- 
sideration at the time that this Report was prepared 
also envisaged that the fly tower would be taller than 
the main part of the building, at least on some of its 
elevations, so that the upper part of its walls would be 



exposed to external ambient noise (Fig. 1). A 
particular cause for concern was the noise from traffic 
passing along the road (Wood Lane) bordering the 
Eastern boundary of the site. Measurements made in 
1983 had indicated that this noise contained a strong 
low-frequency component, especially in the third- 
octave band centred on 63 Hz. Structures that give 
high sound attenuation at low frequencies are 
inevitably massive in construction and may consist of 
two or even three separate leaves with relatively large 
voids between them. In the present case the large size 
of the proposed studio added to the problem, as it 
would have been both structurally complicated and 
expensive to construct a stable multi-leaf partition to 
the required height. Interest therefore centred on the 
possibility that the traffic noise level at the exposed 
areas of the studio wall might be lower than had been 
measured at ground level, because of the greater 
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Fig. I - Plan of development at Television Centre. 
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distance of the walls from the traffic compared with 
the point of measurement, and also because of 
screening effects which might be produced by other 
parts of the structure, despite the presence of 
neighbouring buildings from which sound could be 
reflected back on to the exposed walls (see Fig. 1). 
Use was therefore made of a 1:100 scale architects' 
model of the building, and tests were carried out at 
the scale frequency of 6.3 kHz to examine this 
possiblity. 

This Report discusses the theoretical back- 
ground to the work which was carried out using the 
scale model. The practical techniques that were 
adopted during this work, together with the outcome 
of the tests and the implications that the results had on 
the type of structure required for the exposed studio 
walls, are described in a companion Report^ 

2. THE TRANSMISSION OF SOUND THROUGH A 
PARTITION IN THE PRESENCE OF A NON- 
UNIFORM SOURCE SOUND FIELD 

The transmission of sound through a partition 
is usually described in terms of the transmission loss 
Lt, given by the relationship 



Lt = 10 logio 



1 



(dB) 



(1) 



where r is the transmission coefficient (fraction of 
incident power transmitted through the 
wall, per unit area). 

The sound pressure level difference (ALp) is however 
of more practical interest. Its value is given by 



ALf,=Ls-LR (dB) 



(2) 



where Ls is the sound pressure level in the "source 
room" on one side of the partition, 

and Ln is the sound pressure level in the 

"receive room" on the other side of the 
partition. 

In the receive room two categories of sound 
field have to be considered: the direct field, represent- 
ing sound energy emitted by the partition and 
travelling towards one (or more) of the other surfaces 
of the room, and the reverberant field, representing the 
residual sound energy which has undergone at least 
one reflection from a surface. The energy in the direct 
field is determined by the energy transmitted through 
the panel (in other words by the transmission loss) 
and the room dimensions, while the energy in the 
reverberant field is additionally dependent on the 



sound absorption at the walls of the receive room. In 
many cases, such as transmission of sound from a 
studio to its associated control cubicle or between two 
adjacent studios, a rectangular receive room is 
involved (or can be assumed); the sound emerges into 
this room through a complete wall of area Sp and 
travels directly across the room before being reflected 
from the opposite wall. Under these conditions the 
relation between transmission loss (Lt) and sound 
pressure level difference becomes^ 



/I Sp \ 
Ir= AL, + log,o(-+— ) 



(dB) 



(3) 



the quantity Rr being the "room constant" of the 
receive room, defined as 



Rr = 



a R Sr 
I —a R 



where a « is the mean absorption coefficient of the 
surfaces of the receive room, 

and Sr is the total surface area of this room. 

The derivation of Equation 3 involves as a 
parameter the distance between the wall through 
which the sound is transmitted and the opposite w^l. 
In the circumstances discussed in this Report, 
however, the use of this parameter is unrealistic, for 
four reasons:- 

(a) the room does not have a simple rectangular 
"box-like" shape. 

(b) more than one wall is involved in the 
transmission of sound into the room. 

(c) the wall areas exposed to the external ambient 
sound represent only part of the total wall area. 

(d) the ambient sound level differs from place to 
place on each of the exposed walls. 

Use is therefore made of a modified version of 
the conventional relationship', obtained by using the 
"mean free j)ath" length (/ ) in deriving the 
relationship (/ = 4V/S, where V and S are the 
volume and total surface area of the room respectively) 
instead of the actual distance between the wall 
transmitting the sound into the room and the wall 
opposite to it. Under these conditions the relationship 
(Equation 38 of Ref 3) is 



Lt — ALp +10 iogio 



Sp 

urSr 



(dB) 



(4) 
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where Sp is now the actual area of wall involved in 
sound transmission. 

Now from Equation 2 
ALp = 201ogio — = lOlog.fi ^ (dB) (5) 

PM PR 

where ps and pr are the time-averages of the sound 
pressures on the "source" and "receive" sides of the 
wall, and it can, by substituting for St and ALp from 
Equation 1 and 5 respectively into Equation 4, be 
shown that 



1 n S 

lOlogLo - = 101og,o^- ^^ (dB) 
r PR a R ^>j< 



Hence 



] _ps' Sp 



T pR OLrSr 



or 



sound pressure po'. thus the sound pressure at the n"^ 
panel becomes 

pSn = i^pSn pD 

where \psn is the factor by which the sound pressure 
at the panel differs from the datum value. 

The term in brackets in Equation 7 can then be 
written as 

Pd {^ps\^ 5>i + Apsi^ Si>2+ ■■■■ + ApsN Spfj) 

= pd -Apav Sm 

where Spo = Spi + Sp2 + .... -^Spn (8) 

and APav is the average factor by which the sound 
pressures at each of the panels differ from the datum 
value, given by 

/ Apst^Spt+Apsi' Spl+...+ Aps^'SpN\V^ 
^Po^ = I e (^^ 



PR 



2 _ 



Ps ' — 



a R Sr 



(6) 



Equation 7 can now be written as 



Equation 6 refers to a single panel of area Sp set into 
the wall of a room of total surface area S/i, the time- 
average sound pressure on the source side of the wall 
being ps. To cater for the situation where more than 
one wall surface is involved and the source-side sound 
pressure is not uniform over these surfaces, the case 
when a number of panels (N) transmit sound into the 
receive room can be considered. The panels have areas 
Spy, Sp2 .... Spn: the sound pressure over each panel is 
assumed to be uniform and of value psi, Psi ..■■ ps^i- In 
the present case only one type of wall structure is 
involved, and the transmission coefficient of all these 
panels is therefore the same (r). From Equation 6, 
therefore, 

Pr = — „ I ps[ Sp\+ps2 Sn+.-.+psN^SpN 1 (7) 
a pitR \ l 

Equation 7 assumes that the mean sound power in the 
receive room is the sum of the individual power 
components transmitted through each of the panels, or 
in other words that the sound signals transmitted 
through the individual panels are uncorrelated. 

For convenience in determining the trans- 
mission loss requirements of a building, Equation 7 
requires re-writing in a form analagous to that of 
Equation 4. The sound pressures over each panel ips\, 
psi, etc.) can first be expressed in terms of a "datum" 



PR ^ — 



a R'^R 



• Pd • a pav • Si 



PO 



This is of the same form as Equation 6, with the 
sound pressure on the source side of the panel, ps, 
replaced with the product of the datum sound pressure 
Pd and the average factor A/»j,.. In logarithmic units 
this relationship may be written 

c 

Lt ^Ld + ALsa. -Lp +10 logio ^r^ (dB) (10) 



where Ld is the datum noise sound pressure level 
corresponding to the datum noise sound 
pressure po, 

and ALsaf is the average difference of the sound 
pressure levels at the panels from the 
datum value, calculated using Equation 
9, followed by conversion into logarith- 
mic units: thus 

ALsa» = 20 log 10 Apay (dB) 

Equation 10 may be written in a form analagous to 
Equation 4 as 



c 

Ir = ALp+101og,o ^^ (dB) 

a rSr 



(H) 
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where the sound pressure level difference \Lp is now 
taken as 



Mp =Ld + Msav -Lr (dB) 



(12) 



and the panel area is taken as the sum (5>o) of all the 
individual panel areas, as shown by Equation 8. Note 
that the choice of datum noise sound pressure level is 
arbitrary in the first instance, but once the choice has 
been made it must be maintained throughout the 
calculations. 

An alternative method of allowing for differing 
sound pressures at a number of transmitting panels is 
given in the Appendix to this Report. 

The analysis described so far is useful when the 
various panel areas under consideration are inevitably 
different (for example, where different complete walls 
of an enclosure are involved, or where the relevant 
areas are defined by structural considerations such as 
the screening of some parts of the wall but not others 
from the external noise sound field, as in the present 
case). The analysis does however assume that the 
sound pressure is uniform over each complete area. 
When this is not the case, the panel area must be 
divided into "sub-areas", each of which is small 
enough to permit the assumption that uniform sound 
pressure exists over it. A considerable simplification of 
the analysis can then be made by assuming that these 
sub-areas are equal. Supposing that the complete 
partition of area Sp is divided into M equal elements 
each of area Sp/M, Equation 7 becomes 



PR 






Sp 
M 



'■8 Sr 

T Sp I psv' + PS2' + 

a rSr \ 

T Sp 



Sp^ 
M 



psv — +Ps2 77 -\-....-\-psM — 1 



M 



M 



PSM^ \ 



OR Sr 



(13) 



where the root-mean-square or "power average" value 
of the individual sound pressures /»ai. is given by 



-{ 



M f 



(14) 



It can be seen that Equation 13 is identical with 
Equation 6 except that the sound pressure on the 
source side of the partition (ps) has been replaced with 
the r.m.s. value pav. Thus values of r.m.s. sound 
pressure may be calculated for each wall (or principal 
panel area) and the overall effect then found using 
Equations 8 - 12 by inserting these r.m.s. values in 



place of the ps\ .... psN values in these Equations. 
Since in practical terms it is usual to measure sound 
pressure levels (in decibels) rather than sound pressure 
directly in linear units, the use of power average 
values (not averages of decibel values) must be 
remembered. 

A further modification to the relationship 
between transmission loss and sound pressure level 
difference, as given by Equation 11, is required in the 
present case. In the majority of cases in which the 
concept of transmission loss is employed, transmission 
of sound through a partition between one room and 
another is involved. In particular, the sound field on 
the source side of the panel is assumed to be 
reverberant, or in other words sound may fall on to 
the panel at any angle of incidence ("random 
incidence"). When transmission of sound from the 
exterior of a building to the interior is concerned, 
however, sound is likely to fall directly onto a 
transmitting surface after emission from a noise source 
("direct incidence")- The amount of power falling on 
the surface is then proportional to the cosine of the 
angle of incidence, and for normal incidence is four 
times (6 dB) the value which occurs with random 
incidence, for a given measured sound pressure level'. 
Under normal incidence conditions four times as much 
power will also (in the absence of other factors*) be 
transmitted through the partition, compared with the 
case of random incidence, and the sound pressure level 
in the building will be correspondingly higher. 
Although the condition of normal incidence is 
admittedly a "worst case" as far as the enhancement 
of sound transmission through a wall is concerned, it 
has been used in the present work as the possibility of 
its occurrence cannot be excluded. Its presence may be 
allowed for by writing Equation 1 1 in the form 



Lt= ALp + C + K (dB) 



or 



Mp=Lt-C-K (dB) 

where 

Sp 



C= lOlog.n 



a R Sr 



(15) 



(15a) 



(16) 



and A^ = if the source sound field is random 

in character, 

or K = 6 ii the source sound field is direct in 

character, normal incidence being 
assumed. 

In this form, the dependence of the sound 
pressure level difference on the three factors Lt (the 
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transmission loss), C (the correction factor for 
reverberent energy inside the buLding) and K (the 
correction factor for the nature of the sound field 
outside the building) is emphasized. 

3. THE AMBIENT SOUND FIELDS OUTSIDE THE 
FULL-SIZE AND THE MODEL STRUCTURES 

3.1 Road traffic noise 

In acoustical terms, "noise" is simply defined 
as unwanted sound. In some circumstances this 
classification is misleading, as the sound, although 
undoubtedly unwanted, does not possess the properties 
of statistical randomness that the term "noise" implies. 
Road traffic noise, particularly at low frequencies, is a 
good example of this. The "63 Hz" third-octave band, 
for example, extends from 56.6 Hz to 71.3 Hz, and 
the fundamental exhaust frequency of a six-cylinder 
four-stoke engine will fall within this frequency range 
for rotational speeds between about 1130 and 1430 
revolutions per minute. Such rotational speeds are very 
likely to occur, particularly in the cases of heavy 
goods vehicles travelling in a busy, speed-restricted 
area as in the present case under consideration (see 
Section I). Harmonics of the exhaust frequency, and 
noise from most other sources associated with a 
moving vehicle (body vibration, tyre noise etc) are 
likely to occupy higher-frequency bands, and it can 
therefore be seen that vehicle noise in the low- 
frequency bands is hkely to be largely periodic in 
character, although very probably of varying frequency, 
even possibly to the extent of passing from one third- 
octave band to another during the course of a 
measurement. This "coherent" nature of low-frequency 
traffic noise introduces the possibility of constructive 
or destructive interference between components arriv- 
ing by way of paths of different length, thus increasing 
the difficulties of assessing the effects of such noise at 
a site where reflection of sound from neighbouring 
buildings (or indeed the road itself) is significant. 

In carrying out the work (described elsewhere"') 
using a scale model it was thought that the use of 
sinusoidal test signals would have involved too 
complicated a measurement procedure, as a method of 
averaging the effect of such signals over a complete 
third-octave band would have had to be used. Instead 
of this, random noise passed through a third-octave 
filter was used so that effects occurring over the whole 
band were included in a single measurement. The 
coherence effects described in the previous paragraph 
were not excluded by this procedure, as might at first 
sight be expected, since it can be shown (see Section 
3.2.4) that a noise band one-third of an octave wide 
shows very significant coherence when the path 
difference between the two interfering signals is less 
than about four wavelengths at the band centre 
frequency. 



3.2 The use of band-limited random noise as a 
test signal 

3.2.1 Coherence properties 

The term "coherence" is used in electro- 
magnetic propagation theory to describe the degree of 
correlation between two electromagnetic signals, and 
in the present work the concept is extended to include 
sound waves. "Complete coherence" occurs when the 
two signals are perfectly correlated in time (that is, 
they have the same waveform). If two completely 
coherent sound signals of equal energy density 
interfere, arithmetic addition of the sound pressure in 
each signal occurs: the energy density of the resultant 
can vary from zero when the two signals are in 
antiphase to four times that of an individual signal 
when the two signals are in phase. At the other 
extreme, "complete incoherence" occurs when there is 
no time-correlation between the two signals. In such 
cases the addition of two signals of equal energy 
results in a signal of twice this energy density. Between 
these two extremes exist pairs of signals which may be 
described as "partially correlated": that is, they show 
interference effects to some extent, but the difference 
in the resultant sound energy densities obtained for the 
antiphase and in-phase conditions is less than when 
the signals are completely coherent. 

In the present context the reflection of sound 
from a surface is under consideration, and the two 
signals whose coherence is to be examined are the 
signal passing a point on its approach to a surface, and 
a signal again passing the same point after its 
reflection. It is convenient to discuss reflection at 
normal incidence first, followed by reflection at 
oblique incidence. 

3.2.2 Reflection at normal incidence 

Consider a plane wave approaching a plane 
surface at normal incidence, from which it is reflected 
without energy loss. In this case (Fig. 2) both the 
incident and reflected signals have equal mean sound 
pressures. Following the treatment of this subject by 
the author elsewhere^, let the sound pressure pa {() at a 
point P, a distance d from the reflecting surface, due 
to the approaching wave, be 

Pfl(0 ^ pn sin (trjf + 4>) (17) 

where pa is the peak sound pressure, 

CO is the angular frequency of the sound, 

and 4> is an arbitrary phase angle. 

Since the approaching wave is plane this value 
of sound pressure can be regarded as being independ- 
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direction of " 
incidence 



Fig. 2 - Geometry of reflection at normal incidence. 

ent of the distance d, phase changes being absorbed in 
the value of <)>. The sound pressure at P due to the 
reflected wave (Pridt)) is similarly given by 



Pr {d,t) = Pa sin I w/ + H — I 



(18) 



The total resultant sound pressure at P (p, {d,t)) 
is therefore given by 

pMt) =Pa(t)+ Pridt) 

\ I , 47r£i \1 

= />o sin {a)t+ (fa) + sin \wt + 4> "I ^ — I 

/ Ind \ Ind 

= 2/Jo sin I at/ + <t> + — — I 



cos 



(19) 



For reasons that will become apparent later in the 
argument (see Equation 25) the potential energy 
density D(d,t) at the point P is now considered. Thus 



D{d,l) 



1 



[P'idDV 



2/00 c 

where p o is the density of air, 
and c is the velocity of sound. 

Substituting from Equation 19 into Equation 20 gives 



(20) 



2 Po .1 
D{dt) = -^sin^ 



(2wd \ 1 Ind 
iot+4>+ —- cos' ^ (21) 
A / A 



Since the average value of sin a or cos a is Vi, where 
fl is a general variable, it can be seen from Equation 
21 that the time-average potential energy density D{d) 
at the point P is given by 



D{d) = 



poC 

2po c^ 



Iwd 



cos 



(l+cos-) 



In the absence of the reflecting surface the 
potential energy density D'(t) in the sound field is 
given by 

D'it)=-^,[pAi)f 
2poC 



Po 



2pQC 



sin"^ {(lit + <^) 



(23) 



Hence the time-average value in this case {D') is given 
by 

2 



D' 



Po 



4po c 



(24) 



The time-average potential energy density at the point 
P when the reflecting surface is present can therefore 
be normalized with respect to the value when the 
surface is absent. Calling this normalized value £>« (d) 
it can be seen from Equations 22 and 24 that 

D,id) = ^ ^ 2\l + cos — j (25) 

Equation 25 shows that the time-average potential 
energy density in front of the surface varies between 
four times the free-field value when d is zero or a 
multiple of A/2, and zero when </ is an odd multiple 
of A/4. Since a single frequency is being considered, 
the incident and reflected waves are completely 
coherent and this variation repeats without change as 
d increases. The "distance-average" potential energy 
density is twice the "free-field" value that would exist 
if the reflecting surface was removed, because both the 
incident and reflected components of the sound field 
are present in the space in front of the surface. 
Furthermore, the potential energy density immediately 
in front of the surface is twice this distance-average 
value, or in other words the corresponding sound 
pressure is \/2 times (or 3 dB greater than) the 
distance-average value: the "pressure-doubling" effect 
(6 dB increase) which is often quoted as occurring in 
front of a surface refers to the sound pressure value 
relative to the free-field condition and not relative to 
the average sound pressure in front of the surface. 

The effect at the point P of the reflection of a 
sound signal consistiiig of band- limited equi-energy 
("white") random noise, having lower and upper freq- 
uencies/: and/2 respectively (bandwidth A/ = /2 — /i) 
and equal energy per unit bandwidth between these 
frequencies, may be found by summing the time- 
average potential energy densities at all frequencies 
within the band. Equation 22 may be written 



(22) Did/) 



2po ^ 



^1+cos — •/) 



(26) 
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so that the time-average potential energy density is 
regarded as a function of frequency (/) as well as 
distance from the surface. The time-average potential 
energy density at P due to a band-limited noise signal 
iD{d, A/)) is therefore given by 

ZpoC Jf, ^ CI 



2po 



4W 
sin fi 



And 



— sin 



(27) 



Similarly, in the absence of the reflecting surface the 
time-average potential energy density {D'{AJ)) is from 
Equation 24 



D'{AJ) = 




4poC 



(28) 



Thus the normalized time-average potential energy 
density at the point P (D,v(d, A/)) is given by 



DN{dAJ) 



Did,Af) 
D'iAf) 



-( 



1 + 



And Aird 

sin /2 — sm /i 

c c 



Awd 



/2-/1 



(29a) 



^2[l+cos( — ■ — ) 



where 



And Mf2 \ . 2nd 1 
' smc A/ 

(29b) 



SID a 



smc a = 



From Equation 29a it can be seen that as (f -^ 0, then 
Dn (d, A/) — 2(1 + 1) = 4: thus as in the case of a 
single-frequency signal the time-average potential energy 
density immediately in front of the surface is four 
times the free-field value. Equation 29(b) shows that 
as A/ ^ 0, then 



D^ {d,AJ) ^2 [1 + cos — • '-^ j 



(30) 



This is of the same form as Equation 25 (since 
k=c/f) with the frequency of the sound being taken 
as the arithmetic centre-frequency of the band. If A/ is 
not small, the fluctuations in potential energy density 
as d increases become smaller because of the sine 
function multiplier in Equation 29b, and disappear for 
values of d given by 



d =■ 



ftC 

'lAf 



(31) 



where h is a positive integer. Between these values of 
d the fluctuations reappear at diminished amplitude (at 
greatest, some 20% of the value near the surface) as 
the successive minor lobes of the sine function are 
encountered. Alternate lobes of this function are of 
opposite polarity, and this has the effect of reversing 
the phase of the fluctuations in potential energy 
density between successive points at which no 
fluctuation occurs. 

3.2.3 Reflection at oblique incidence 

Fig. 3 illustrates a plane wave approaching a 
plane surface at an angle of incidence 9 and being 
reflected from it. AB and A'B' are planes, normal to 
the direction of propagation, over each of which phase 
is spatially invariant: in particular, the phase of the 
incident wave at the point P is the same as that at Q, 
and the phase of the reflected wave at P is the same 
as that at Q'. Thus the phase difference between the 
incident and reflected waves at the point P is that due 
to the path-lenth QOQ' (= 21, where I = d cos 6). 
The relationships between sound pressure, potential 
energy density and distance in front of the reflecting 
surface for oblique incidence can therefore be obtained 
by substituting / for d in the discussion given in 
Section 3.2.2. The normalized variation of potential 
energy density with position in front of the surface, in 




Fig. 3 - Geometry of reflection at oblique incidence. 
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the case of a single-frequency signal, is therefore, from 
Equation 25, 

1 + cos 1 (32) 



Thus zero potential energy density (or sound pressure) 
occurs when 



nk 
dcos 9 = — (« = 1,3,5 ...) 
4 



or 



flA 



4 cos 



(33) 



Equation 33 shows that the distance of the first zero 
of sound pressure from the surface, and the spacing 
between the successive positions of zero sound 
pressure, increase with increase of the angle of 
incidence. A similar relationship exists in the case of 
an incident signal consisting of band-limited noise, 
taking the frequency as the band arithmetic centre- 
frequency as indicated in Equation 30. 

3.2.4 Comparison of theoretical and practical 
results 

Equi-energy random noise, limited to a 
nominal one-third octave bandwidth of 6.3 kHz, was 
allowed to fall at normal incidence on to a plane 
surface, using a transducer'' which could be regarded 
as a "point source" of sound. The distance of the 
transducer from the surface was large compared with 
the other dimensions involved in the test, so that an 
approximation to plane-wave conditions was realized. 



The sound pressure level was measured at different 
distances from the surface, using a microphone having 
dimensions small compared with the sound wavelength. 

Fig. 4 shows the variation of measured sound- 
pressure level with distance (dotted line), and for 
comparison the theoretical variation (solid line) 
derived from Equation 30 by inserting the nominal 
limits of the 6.3 IcHz third-octave band {fi = 5657 Hz; 
fi = 7127 Hz; arithmetic centre frequency 6392 Hz, 
c = 344.8 ms '). Up to a distance of 80 mm from the 
surface, the agreement between theory and practice is 
reasonable, but at greater distances the agreement 
becomes progressively less good. In particular, there is 
no evidence of the reversal of the phase of the sound 
pressure level fluctuations, which is predicted for 
distances greater than about 120 mm. 

The reason for the discrepancy between theory 
and practice may be discussed in relation to the shape 
of the filter pass-band used to obtain the third-octave 
noise band used in the practical tests. Fig. 5 shows the 
measured filter response plotted on an ordinate scale 
of relative noise power. The plot points at —1 dB, 
—2 dB, —3 dB and —6 dB were obtained by spot- 
frequency measurements, while the shape of the peak 
of the response was derived from a pen recording. On 
both flanks of the filter characteristic the plot points 
fall very neariy on straight lines, and these have been 
extrapolated (dotted lines) to give full response "break 
frequencies" of 5880 Hz and 6700 Hz. Inserting these 
frequencies into Equation 30 gives the "theoretical" 
variation of sound pressure level with distance from 
the reflecting surface shown by the solid line in Fig. 6. 
Comparison with the measured results (dotted line) 
shows that the agreement between theory and practice 
is now reasonable at the higher distances (say greater 
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Fig. 4 - Measured sound pressure level 

in front of a surface compared with 

theoretical variation for I/3-ociave 

noise band 
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break frequencies 
5880Hz 6700Hz 




60 6-5 

frequency, kHz 

Fig. 5 - Characteristics of practical 1/3-octave filter. 



noise power in the flanks of the filter characteristic, is 
however beyond the scope of this present discussion. 

A further feature of the comparison between 
theory and practice is the consistent shift of the 
positions of the practical sound pressure maxima and 
minima relative to those predicted theoretically. This 
indicates that a phase shift occurs on reflection, 
possibly caused by boundary layer effects'"'* which 
have not been included in the discussion. 

3.3 Implications of the coherence of the noise 
field 

3.3.1 Noise level surveys 

Surveys of traffic noise level are frequently 
carried out in built-up areas, with the microphone 
near to a (vertical) reflecting surface. At high 
frequencies the scale of the standing-wave pattern is 
likely to be small compared with the distance between 
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Fig. 6 - Measured sound pressure level 
in front of a surface compared with 
theoretical variation for noise bandwidth 
corresponding to peak response of 
practical filler. 



Thsoretical curve. 



50 100 -150 

distance from surface, mm 



200 



• ■ Measured values. 



than about 100 mm: the rather higher average value 
of the practical results is due to the finite distance of 
the noise source from the reflecting surface, with the 
consequence that the incident and reflected waves at 
the point of measurement are not of equal magnitude). 
Disagreement now however exists at lower distances 
from the surface, where the theoretical sound pressure 
minima are much deeper that those found in practice. 
The total disregard of the sound power in the flanks 
of the filter characteristic is clearly an over- 
simplification of the problem but the above analysis 
does show that a bandwidth rather narrower than 
nominal must be taken when considering the coherence 
properties of practical band-limited noise. A more 
exact theoretical treatment, taking into account the 



the microphone and the surface, which implies that 
the variation in level between positions of noise 
maxima and minima will probably be negligible and a 
true reading of mean sound pressure level will be 
obtained. In any case, even if the difference between 
maximum and minimum noise level is not negligible, 
the movement of the positions of maxima and minima 
(particularly for higher values of n in Equation 33) 
with change of angle of incidence (i.e. as individual 
vehicles pass the observation position) will also ensure 
the measurement of true mean sound pressure level. 
These conditions do not however apply at low 
frequencies when the scale of the standing-wave 
pattern is comparable with the distance between the 
microphone and the reflecting surface. This can be 
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seen from Figs. 4 and 6, which show that the first 
minimum of sound pressure, for sound normally 
incident onto a reflecting surface, occurred at 12 mm 
from the surface when the noise itself was in a band 
centered on 6.3 kHz. Taking account of the appro- 
priate scale factor (100:1; see Section 1), this implies 
that the first minimum will occur at a distance of 

1.2 m from the surface when noise in a band centered 
on 63 Hz is considered. This was in fact the distance 
between the microphone and the wall of the building 
which was used during the traffic noise survey, 
mentioned in Section 1, which indicated high noise 
levels at low frequencies and thereby prompted the 
experimental work using the scale model of the 
proposed new buildingV Under such conditions it is 
clear that the measured sound pressure level will be 
lower than the spatial mean value by an amount 
depending on the actual degree of coherence of the 
sound field. 

Because the position of the first pressure 
minimum in front of the reflecting surface depends on 
the angle of incidence of the sound (see Section 3.2.3), 
the position of this minimum in relation to the survey 
microphone position will change as the sound source 
(i.e. a vehicle) travels along the road past the survey 
site. Under these conditions the measured sound 
pressure level will first rise as the vehicle approaches, 
because of the decreasing distance between it and the 
microphone. On closer approach, however, the sound 
pressure level will fall as the position of the sound 
pressure minimum coincides more and more precisely 
with that of the microphone. The converse effects take 
place as the vehicle recedes from the survey site. 

In order to determine the practical significance 
of this effect, tests were made using a 100:1 scale 
model of the survey site, in which a sound source 
emitting a one-third octave band of noise centered on 

6.3 kHz was moved in turn along each of two lines 
corresponding to the traffic flow (Fig. 7). Further 
details of the experimental technique are given 
elsewhere\ Fig. 8 shows the results of these tests. The 
sound pressure levels are expressed relative to the 
s'latial mean level that would theoretically exist in 
front of the reflecting surface in the absence of the 
"standing wave" effects, with the sound source at its 
closest to the microphone (i.e. 3 dB above the level 
measured with the reflecting surface removed). The 
variation in sound pressure level with source position, 
caused by the presence of the minimum in the 
standing-wave pattern, is cleariy visible, and it can be 
seen that the greatest measured level is 3.5 dB below 
the theoretical mean value. 

The traffic noise survey which instigated this 
present work took place before the above-mentioned 
theoretical analysis and scale-model tests were carried 



out. Although it appears that this survey may have 
under-estimated noise levels at low frequencies, it is 
not possible to determine the significance of this factor 
in statistical terms, and no correction has been applied 
to the measured levels when determining the structural 
requirements for the new studio\ Nevertheless, it 
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Fig. 7 - Arrangement used to model traffic noise survey 
conditions on a 100:1 scale. 

The microphone was 40 mm above the base-plate of the 
arrangsment. 
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Fig. 8 - Measured variation of sound pressure level with 
movement of noise source. 

* Level relative to theoretical mean value in front of surface 
with source at closest point to microphone. 
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seems that a less ambiguous result at low frequencies 
would have been obtained by placing the microphone 
as close as possible to the wall of the building from 
which the tests were conducted and then subtracting 
3 dB from the levels so measured. For the same 
reason, all the practical work using the scale model^ 
was carried out with the measurement microphone as 
close as possible to the wall surfaces under 
investigation. 

3.3.2 Polar diagram eflects 

In the case of low-frequency noise emitted by 
a vehicle, the actual radiator of noise (the end of the 
exhaust pipe) is so small compared with the sound 
wavelength that it may be regarded as an omni- 
directional source. Interference between the direct 
signal from the radiator and one or more signals 
reflected from neighbouring surfaces can however give 
rise to pronounced directional effects, the extent of 
which depends on the degree of coherence of the 
signal as well as the phase differences between the 
interfering components. In the present case an 
important factor is the presence of a wall or other 
reflecting surface near the sound source but some 
distance away from the building under investigation: 
the resulting interference effects can give rise to an 
enhancement of the signal at an elevated point on the 
surface of the building relative to its value at ground 
level. In carrying out an assessment of noise levels at 
the surface of a large building it is important to 
remember that these effects are present. It was, for 
example, found in the 100:1 scale model work^ that a 
change in the position of the sound source by a 
relatively small distance (say about 10 mm, corres- 
ponding to one metre in full-scale terms) gave rise to a 
corresponding change of noise level, measured at an 



elevated point on the structure, in excess of 10 dB. 
This effect is illustrated in Fig. 9, which shows the 
theoretical polar diagrams for a 63 Hz sinusoidal 
source spaced two metres and three metres from a 
wall. In this figure the differences in sound pressure 
level at elevations of 35° - 45° can be clearly seen. 

4. CONCLUSIONS 

Relationships have been established which 
permit the calculation of the transmission of sound 
through the exterior walls of a building, given that the 
distribution of sound pressure level over these walls 
may be non-uniform, and that the sound field outside 
the building may be direct rather than reverberant in 
character. 

Coherence or partial coherence of the sound 
field outside a building implies that misleading results 
may be obtained when making sound level measure- 
ments near walls or other reflecting surfaces, because 
of standing- wave patterns set up in front of such 
surfaces. This consideration assumes particular import- 
ance at low audio frequencies when road traffic noise 
is involved. The best procedure is to make measure- 
ments with the microphone as close to the surface as 
possible, and allow for the 3 dB enhancement of the 
level at this point relative to the general spatial 
average value in front of the surface. 

Coherence of the sound field also leads to the 
possibility of the enhancement or reduction of noise 
level in some directions, relative to others, because of 
constructive or destructive interference between com- 
ponents of the noise arriving at a point both directly 
and by way of reflection from neighbouring surfiaces. 




Fig. 9 - Vertical polar diagrams of sound sources adjacent 
to a reflecting surface 



■ Source 2 m Irom surface. 
— — — Source 3 m from surface. 



* relative to free-field condition. 



sound pressure level, dB" 
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The noise level measured at a location may thus 
depend quite critically on the position of the noise 
source in relation to such surfaces. 

A practical application of these theoretical 
considerations is described in a companion Report\ 
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APPENDIX 

An alternative method of allowing for differing sound pressures at a number of transmitting panels 

Equations 7-12, Section 2, provide a method of allowing for the presence of different sound pressures at a 
number of transmitting panels, when calculating the combined effect of noise transmission through these panels 
into an enclosure. An alternative method of analysis, in which the "effective" total panel area is modified and the 
sound pressure at all the panels is taken as being a single "datum" value, may sometimes prove to be more 
convenient and is given below. 

Referring to Section 2, the purpose of this analysis is to re-write Equation 7 in a form analagous to that of 
Equation 4. The analysis starts in the same manner as in Section 2, by expressing all the individual sound pressures 
/"SI, Ps2 etc in terms of a datum sound pressure po (although it is convenient to use a different symbol for this 
relationship): thus in general 

^ = k„ (A.I) 

PD 

Equation 7, Section 2, becomes 



Pr' = =^ ( )t,'Sn + ^2^5^ + ...+ kf/Sp/] (A.2) 

a rSr \ / 

and it can then be seen by comparing Equation A.2 with Equation 6, Section 2, that 

Lt = Mp+ lOlog.o - — ( ki^Sfi + ki'Spi + ...+ kf^^Spj} 
a rSr \ / 

= ALp + 10 logio ^ (A.3) 

aRSR 

Comparing Equation A.3 with Equation 4, it can be seen that the actual area Sp of the wall through which sound 
transmission takes place is replaced by the "effective" area S^//, where 

Seff =k\^Sp] + ki^Spi + ...+ kNSps (A.4) 

the values of k being given by Equation A.I. Furthermore.the value of Lp in Equation A.3 is now given (compare 
with Equation 5) by 

Aip = 20 logio — (A.5) 

PR 

or in other words the relevant sound pressure level difference is now taken between the datum sound pressure and 
the sound pressure inside the room. In logarithmic units this may be written (compare with Equation 2, Section 2) 

Mp=Ld-Lr (A.6) 

where Ld is the datum sound pressure level. As noted in Section 2, the choice of the datum level is arbitrary in the 
first instance, but once the choice has been made it must be maintained throughout the calculation. Using this 
method of analysis, a convenient choice of datum level is the highest value encountered in front of the transmitting 
panels: the value of /: associated with this particular panel is then unity. 
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